Approximate fundamental frequency contours of Thai tones.
dynamic tones due to the sharp downward and upward movements whereas the others have been classified as the static tones. However, one of his experiments9) has shown that the identification of the static tones, especially the grave and acute tones, can be improved with f0 movement. Accordingly, we have viewed here all the tones except the level tone as having f0 movement.
This paper describes a demisyllable approach to speech synthesis of Thai. The stored data are presently cepstral parameters of parts of utterances of the forms consonant-vowel (CV), vowel-consonant (VC) and vowel (V). Parts of CV as well as VC are stored by keeping their mutual influence in the middle of the segment, this kind of segment has been called "dyad" by Peterson et al.10) For vowels, the most steady part is stored. As an initial step, the f0 contours for each tone are simply synthesized from the information of a rudimentary contour specified by a third order polynomial in the pitch-period domain.
Words are produced by concatenating stored cepstrum-coded demisyllables, providing a tonal f0 contour for each of monosyllabic sounds and synthesizing the speech through the log magnitude approximation (LMA) digital filter11) whose log magnitude of its transfer function approximates the finite Fourier series corresponding to the log-spectral envelope passing through peaks of the fine structure.12) The details on determining a rudimentary f0 contour for each tone in the domain of pitch period, segmentation for obtaining the data to be stored, and rules for concatenation and pitch assignment are described, along with experimental evaluation tests and discussions. This study is the first attempt to produce Thai speech by rule and, as expected, has provided us informative data for further development in the area of automatic speech synthesis.
ANALYSIS-SYNTHESIS SYSTEM
The major criteria for selecting an analysissynthesis system are as follows: 1) the model should be as natural representation of the speech signal as possible, 2) the speech information should be easily extracted from the speech signal, that is, the speech information should be automatically extractable and reliable, and 3) speech produced by interpolation of parameters representing speech must not be excessively distorted.
The speech analysis-synthesis system,13) in which the log-spectral envelope of the speech signal is specified by cepstral parameters and the reproduced speech is the output of the LMA filter, has been found to be a good candidate. In this system, the vocal tract is represented as a time-varying digital filter consisting of representations of both resonances (poles) and antiresonances (zeros) which is generally a natural representations of all speech sounds. The vocal tract parameters for the LMA filter are in terms of the cepstrum corresponding to the log-spectral envelope which can be easily computed and very reliable. Since the log-spectral envelope has been further improved to pass through peaks of the fine structure, the frame-to-frame fluctuation is small. Linear interpolation of cepstral parameters at words' boundaries works as well as that of the spectral envelopes. Cepstral parameters can be directly interpolated without any transformation. As an example, Fig. 2 shows original short time spectral envelope of "mIa pUan hIu kau" analyzed with a frame period of 10 ms in (a), and those obtained after linear interpolation of cepstral parameters between boundaries of diphthongs in (b). Although some degradation of formant transition is seen, such degradation was not enough to damage its intelligibility.
TONE ANALYSIS
We have analyzed the tones by means of ob-serving the f0 contours according to a conclusion by Abramson that the f0 contour isolated by means of acoustic analysis furnished sufficient cues by themselves for the identification of the five tones of
The f0 contours of tonally inflected /a/ in the five tones of 4 speakers, 3 males (PH,NK and CS) and a female (OS) are shown in Fig. 3 It is also seen in the figure that the f0 contours for the same tones are almost in the same shapes.
Let have a closer look at the f0 contours of Fig. 3 Illustration showing how 4 speakers inflected f0 for each of the tones. The utterance is consecutive /a/'s in the five tones. The letters l,g,d,a and r denote the level, grave, dropped, acute and rising tones, respectively.
The initial phonemes of the concatenating syllables are voiced. It is seen that the shape of the f0 contour for each tone is preserved while the f0 level is varied in accordance with the final f0 level of the contour of the preceding syllable.
The f0 contour of the voicing following a pause or an unvoiced sound begins from about the level in the middle of the f0 range. In case when the syllables preceding and following the pause are in the same tone, the initial pitch value of the one following the pause is apparently somewhat higher than that of the one preceding the pause as shown in the first and second contours in the plot of each speaker.
This agrees with Abramson's hypothesis that absolute fundamental frequency heights contribute nothing to the identification of the tones while the shapes of the frequency contours carry all the information. It is apparent that the tone pattern has major effect in the intelligibility while the tone level specifies the accent and intonation of the speech. The intrinsic f0 level for each tone presumably exists in isolation but seems to disappear when the words are concatenated into a message.
Pitch Information
Abramson has found that when removing the original tonal contour of the monosyllabic sound, imposing it with the synthetic contours and resynthesizing by means of a formant synthesizer, the tones are still perfectly identifiable. This seems to be a great benefit for developing a system for speech synthesis-by-rule of Thai. The system would become simpler if the tonal contour of various durations can be synthesized from the information of the contour of a certain duration. Figure 5 shows the original 270-, 370-and 470-ms f0 contours for the utterances in the dropped tone which are plotted on the same scales. It appears that the initial as well as the final f0 level of the three contours are almost the same while the f0 values vary between the two levels with similar shapes. experiment has shown that the identifiability of the tone was not disturbed when replacing the original contours in Fig. 5 with the synthetic contours in Fig. 6 and resynthesizing the speech by means of the analysis-synthesis system.
Another experiment has been made by using Fig. 6 Synthetic 270-, 370-and 470-ms f0 contours for the dropped tone produced from the information of a 300-ms f0 contour. Fig. 7 The rudimentary 30-frame (300-ms) f0 contours for speech synthesis of Thai.
the 30-frame f0 contours shown in Fig. 7 as the rudimentary contours. The original f0 contours of the monosyllabic sounds in five 3-s continuous messages were replaced with the synthetic contours and the messages were resynthesized. The f0 level at the beginning of a voiced breath group was adjusted to be the same as that of the original contour, the f0 level at the beginning of each tonal monosyllabic sound in the breath group was adjusted to be the same as the final f0 level of the preceding monosyllabic sound. The speech was presented to 12 Thai listeners who wrote down the identification of the tones in Thai script. The result has shown that the tones are perfectly identifiable by the listeners. We For the dropped tone:
For the acute tone:
For the rising tone: intelligibly produced by rules. The segmentation was performed by a segmenter.14) First, the speech cepstrum was computed and stored. The symbolic representation of the isolated utterance to be segmented was inputted by the user and the demisyllable was outputted to library automatically. The segmentation was performed in the quefrency domain.
The major cues for the segmentation were the cepstral gain, the first and second coefficients which are the major cues specifying the transitions between the fricative and vowel, and the semivowel and vowel, respectively, cepstral distance measures, and the average powers of the spectral envelope components in various frequency regions. We shall state here some criteria for the segmentation. 
Final Segmental Boundary (FSB) and Vowel
Onset The FSB was one of the steady-state vowel frame. First, the vowel onset (the earliest frame behind the transitional region consisting of only a vowel part) was determined, the FSB was the seventh frame from the vowel onset. The vowel onset was also considered as the initial timing point for the duration assignment of the syllable nucleus.
The vowel itself was stored by including 5 most steady state speech frames which were determined by means of cepstral distance measures.
Voiced-Unvoiced Sign
After the ISB and FSB had been determined, the voiced-unvoiced sign was assigned to each frame. For initial voicing, all speech frames were assigned voiced sign. For initial voiceless, the voiced sign was assigned to each of speech frames beginning from the earliest frame in the transitional region where the average power of the spectral envelope components in the f0 region is greater than a threshold.
CONCATENATION RULES
The block diagram for producing speech from the stored cepstrum-coded demisyllables is shown in Fig. 8 . The input sequences consist of symbols denoting demisyllables, tone, vowel duration and stress level for each of monosyllablic sounds. Generally, the major factors determining vowel durations are the position of the vowel in the word and of the word in the breath group, tones and stress levels. For normal speech of the speaker NK, the durations of the long vowel vary from 280 to 400 ms and those of the short vowel vary from 50 to 150 ms. It appears that the duration is the longest for rising-tone utterances and gradually becomes shorter for the dropped-tone, acute-tone, grave-tone and level-tone utterances, respectively. In this study vowel durations were assigned according to those of the corresponding natural speech. Consonant durations were unchanged from those of the stored demisyllables. Patterns of Thai monosyllabic words are mostly a vowel or diphthong preceded or followed, or preceded and followed by consonants. Words of CCV pattern also exist but they were excluded in this study. The words produced were of the forms CV, VC, CVC and V, where the V in each form can be both the vowel or diphthong and Cs in CVC can be both the same and different phonemes. The vowel duration was adjusted by repeatedly transmitting the cepstral parameters of the final segmental boundary in case of CV and V, and the initial segmental boundary in case of VC to the LMA filter. Words of CVC pattern in which V is a vowel were produced by concatenation of CV-and VC demisyllables of the same vowel with 20-ms (2frame) linear interpolation of cepstral parameters between the boundaries, the vowel durations of both demisyllables were adjusted to be the same. When V is a diphthong, the concatenation was between those of different vowels with 80-and 40 ms linear interpolation for the long and short vowel, respectively, the duration of the concatenating vowel was adjusted to be two-third of that of the preceding one.
The parameter specifying the intensity of the synthetic speech was the cepstral gain. Without stress, the cepstral gain was adjusted to gradually rise from an initial state level to a steady state level, stay in that level for some times and gradually fall to a final state level. The intensity contour was modified by stress assignments. Two stress levels, unstress and primary stress, were used in our system. For primary stressed vowel, there is an increase in the value of the cepstral gain on the vowel. Besides, the initial f0 level of the word involving the primary stressed vowel was adjusted to be higher than that when the vowel was unstressed (0.5 ms lower in the domain of pitch period).
To synthesize polysyllabic words, four cases were considered when concatenating syllables into a word: (Let FPP denotes the final phoneme of the preceding syllable and IPC denotes the initial phoneme of the concatenating syllable.) 1. When IPC was an unvoiced stop: An interval of silence was allowed for 80 ms between FPP and IPC. The f0 contour of the voiced region and S. IMAI: SPEECH SYNTHESIS OF THAI: A DEMISYLLABLE APPROACH of the concatenating syllable began from similar f0 level as that of the preceding syllable did. For primary stress vowels, the initial f0 level was adjusted to be higher than that when it was unstressed (0.5 ms lower in the domain of the pitch period). 2. When IPC was an unvoiced fricative or a whisper: IPC was directly concatenated to FPP. The f0 information was the same as that case 1.
3. When FPP was a vowel or a nasal and IPC was voiced except a stop: Linear interpolation was performed between FPP and IPC. When IPC was a stop, it was directly concatenated to FPP. The f0 contour of the concatenating syllable with unstressed vowel began from the final f0 position of the preceding syllable. The f0 contour of the concatenating syllable with primary stressed vowel began at higher level (0.5 ms lower in the domain of pitch period) than the final f0 position of the preceding syllable. 4. When FPP was a stop and IPC was voiced: An interval of silence was allowed after the stop for 100 ms. The f0 information was the same as in case 1.
To produce a message, words were produced and concatenated. Last word in the breath group was automatically assigned primary stress, other primary stressed word was marked in the input sequences unless it was unstressed word.
EVALUATION TESTS
In the first test we conducted intelligibility tests of nonsense CV, VC and V words. Monosyllabic sounds of 300-ms voicing duration were produced from the stored data, each in the five tones. There were therefore 5 tokens in each monosyllabic sound resulting in 1,215 synthetic words. The words were randomized and presented to 12 Thai listeners, most of whom were unfamiliar with synthetic speech. Each word was played 2 times in a row with about 2-s interval. A sufficient interval of time was allowed for the listeners to write down what they heard before playing the next word. The listeners were told to guess whenever in doubt. The answers were written in Thai script. The intelligibility scores averaged about 86%; the tones were perfectly identifiable. No wrong answer was observed in the vowel part of the nonsense words. The confusions of the consonantal part of the words is shown in Table 1 . It is seen that the major confusions involved the stops and the semivowels In the second test, 150 meaningful disyllabic words were produced by rule and presented to the same group of listeners. The words were those in common use. Again, each word was played 2 times in a row with about 2-s interval. The intelligibility scores averaged about 97% while the tones were perfectly identifiable. No misidentification occurred for both monosyllables at a time. The major confusions involved final stops.
Finally, 10 simple sentences were experimentally produced and presented to the listeners. The sentence intelligibility was perfect. No formal test was conducted to measure the naturalness of the synthetic speech.
The informal comments of the listeners indicate that the improvements in intonation, consonant duration and rhythm were necessary to improve the naturalness in the synthetic speech.
CONCLUSION
This study has shown that Thai speech can be arbitrarily produced by concatenation of cepstrumcoded demisyllables while an appropriate pitch contour must be provided for each of monosyllabic sounds in a message.
Further investigation is necessary to find out the optimum number of demisyllables required for synthesizing naturalsounding speech.
The cepstrum analysis and synthesis method has been found to be one of the most useful methods because 1) the parameter estimation is reliable and very accurate, 2) the synthesis filter consists of representations of both resonances (poles) and antiresonances (zeros) which is the natural representation of all speech sounds, and 3) the linear interpolation of cepstral parameters at words' boundaries do not damage the intelligibility of the speech.
Most of the words synthesized were very intelligible in isolation but did not always fit smoothly into sentences, usually because of lack of proper consonant duration assignment, since the consonant duration was unchanged from that of the stored demisyllables.
Although words in the sentences were tonally intelligible, they were sometimes unnatural due to improper overall intonation.
To improve the naturalness in the synthetic speech, the following major topics will be considered for
